

Welcome to our first 
Fostex Cookbook! 


It's packed full of facts and hints to help you get the most 
from Personal Multitrack by Fostex. 

Remember that these are guidelines, tried and tested 
techniques that have been used to achieve high 
standards of creative recording. Some explain basic 
practice, others will fire your creativity. You are most 
welcome to write to us if you have any useful information 
for inclusion in our next issue. 

I hope you'll enjoy the Cookbook and that it helps \ ; 
make better recordings. 


Yoshiharu Abe 

Tokyo 

1982 
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HINTS ON POSITIONING 
MICROPHONES 

Each engineer develops his own methods for miking up equipment. 
By varying positions, distances and microphones, different sounds 
can be achieved. Here are some of the basic techniques; 
VOCALIST — A mike an inch or less away from the vocalist’s mouth 
produces a present breathy sound. At one to six inches away 
crackling and breathing noises are reduced. A "pop’’ windshield 
may be useful. 

VOCAL CHORUS - Place a mike six to eight feet from the chorus 
or divide the chorus into several small groups and mike each group 
separately at a distance of one or two feet 
VIOLIN & VIOLA - Normally several feet above the instrument 
or, close up, aiming at the F-holes for a scratchier "fiddle" sound. 
CELLO & BASS FIDDLE — Over the bridge for a brighter sound 
or aim at the F-hole for a fuller sound. 

DRUM SET — Two mikes hung over the drums, one on the left side 
and one on the right side for a stereo effects or use one mike for each 
drum with the tom-tom mike high enough to pick up the cymbals, 
using a separate mike for the hi-hat 

BASS DRUM - Remove the front head of the drum and place the 
mike inside the drum, off centre. There are more overtones to the 




BT THE mPUf 


sides of the drum than in the centre or off centre at the rear (foot 
pedal) side being careful that any squeaks from the pedal are not 
picked up. 

SNARE DRUM — Aim one mike at the top head or mike the top 
and bottom heads with separate mikes. The bottom mike gives the 
snare sound extra snap. 

ACOUSTIC GUITAR - Aim the mike into the hole of the guitar or 
place it behind the bridge or over the neck where it joins the body 
of the guitar. 

UPRIGHT PIANO - Place the mike behind the sound board or over 
the open top of the piano, at the high strings end or inside the piano. 
HORNS - Place the mike close to the bell watching out for wind 
noise, or two to three feet away for a fuller sound. 

ELECTRONIC AMPLIFIER - Aim the mike at the centre of the cone 
for a bright sound or off centre for a fuller sound or place the mike 
on the floor at a distance from the amplifier for a fuller sound 
LESLIE SPEAKER — If only using one mike, aim it into the top 
louvres only or aim separate mikes into the top and bottom louvres. 
OBOE, CLARINET & FLUTE - Place a mike over the finger holes. 
PERCUSSION INSTRUMENTS - Place a mike two to six feet away. 
Experiment with different positions. It’s often a better way of 
achieving the sound you want than resorting to equalisers. 

CHOOSING MICROPHONES 

Specifications will not tell you the sound of a microphone, it’s 
something you can only judge by listening and comparing. Construc- 
tionally there are three types. 

Dynamic — essentially a loudspeaker in reverse. 

Ribbon — also a dynamic but the cone is replaced by a thin metal 
ribbon. 

Condenser/Eiectret — the diaphragm is one plate of a condenser 
and sound waves modulate an applied voltage. This to be used 
with some form of power supply. 

It is virtually impossible to overload a dynamic mike though 
condensers, all with built in amplifiers, can break up’. Impedance 
matching is important Hi-Z (impedance) microphones should only 
be used with short cable lengths as this can lead to cable micro- 
phonics and high frequency loss. Most installations use low-Z mikes 
as these avoid the deterioration problems, and if the mike system 
is balanced it will also prevent pickup of hums and crackles. Finally 
microphones have different acceptance patterns. An omni will pick 
up sound from all directions, whereas a cardioid pickup is heart 
shaped. There are also other specialised patterns, notably the 
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ribbon mike which is figure of eight, i.e., cardioid type front and back. 

If you are only using a few mikes then omnis are best — they deliver 
pretty much what is expected, close up or far away. For the one man 
studio, or where natural acoustic separation is possible, these are 
a good way to start. For more complex miking and achieving good 
isolation between different instruments, cardioids are the choice. 
Their directional characteristics can eliminate unwanted sounds 
by pointing the mike in the right direction. There are, however, several 
pointers towards their use; 

Present effect — when used in close the cardioid mike tends to boost 
low frequencies. Some manufacturers include a bass roll off filter 
switch in the design, while on the other hand the effect can be used 
to an advantage. 

Moving Sources — frequency response off the cardioid axis tends 
to vary. Singers and instruments that move when being played are 
sometimes better in front of an omni. 

Popping - directional mikes are sensitive to wind noises and 
explosive sounds. An effective remedy is the use of a windshield. 
Peaking Capsules — some microphones have a pleasant sound 
mid/high frequency boost in their response, which is useful on 
certain sounds. 

Nobody owns all the microphones they would like all at once. 
Start with a few general purpose types and build your locker as you 
find the need for specialised types. 
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GOOD/BAD CABLES 

The construction of audio cables plays a great part In their reliability. 
Single spiral wrapped screening tends to open when flexed 
and reduces overall coverage. Cross braiding is best. (This also 
cancels self inductance on long runs). The centre plastic sheath should 
be of a non compressible variety as sudden twists or n ic ks can cause 
signal shunting problems. Also look out for the latest conductive 
plastic types. The screening braid is replaced by a tube which 
provides an almost perfect electrostatic screen against inter- 
ference pickup. 



THE UPS AND DOWNS OF 
DIRECT INJECTION 

Whether for recording or to achieve a better PA mix, a Dl box is 
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interference back to the instrument, and cable inductance and 
capacitance will also affect the tonal quality. For instruments with 
low output levels, and especially when there is no preamplifier used, 
it’s always best to use an active type Dl box which transfers all the 
original quality. 

It’s advisable to turn the volume control on the instrument to full. 
The musician can then adjust his amplifier for a local sound, and 
the mixing engineer can achieve other processing effects in the 
i control room. In fact, it’s a good idea to mike the amp as well 

■ (see the section under miking your amp) and the engineer then has 

two signals to mix with, the clean, unadulterated signal from the 
pickup as well as the particular sound of the combo being used. 

DIN SAVER 

Ask about the European DIN versions of microphones instead 
of the regular XLR type. You can save a considerable amount of money 
by buying these models. The sole advantage of XLR’s ^compatibility, 
other than that the DIN is the same as it provides a locking con- 
nection, three wire facility and cable clamping. In practice, you’ll 
find no difference in usage. 
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MIKING YOUR AMP 


There are guitar sounds that you just cannot get by a direct injection 
(Dl box). 

The sound, volume, distortion and even cone break up quality 
of a combo’s are characteristic of a particular musician s playing and 
no direct injection technique will ever replace this! It’s worthwhile 
getting one of those miniature practise amps which are a lot less 
bulky to carry around, and open up various possibilities to mike up 
for effect For a start due to the proximity effect of cardioid type 
microphones, the closer you bring the mike to the speaker, the more 
bass you will get, and vice versa. 

Tb modify the high end, put a magazine or sheet of cardboard 
across the front of the speaker. The thicker the screen, the mellower 
the sound you’ll get 

By using an acoustic mix of direct and reflected signal, you can 
change the quality of the sound. Put the amplifier on a haul reflective 
surface such as a concrete or parquet floor. You can now move the 
microphone into various positions, to achieve differing, phase shift 
type tonal changes. First point the microphone at the centre of the 
cone and move the microphone in and out as previously for adjusting 
bass response. Then, point the microphone at the hard floor at 
a distance of about 16 inches away from the speaker, and move 
the microphone up and down vertically. 

Face it against or into a hard wall, and move the mike around. 
You’ll be surprised at the variations of sound that you’ll achieve. 
These techniques employ acoustic rather than electronic equalisation, 
so you can further trim the sound when you’re done with your 
experiments. 


The different sounds you’ll get are ideal for overdubbing, say 
a guitar part several times, and achieving more mellow or brighter 
sounds. 



SUPPRESSING, THE TRUTH 


CB breakthrough and buzzs or hums from electrical appliances 
can be a nightmare in a recording setup. Fortunately the majority 
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of types can be quickly identified and eliminated. 

Interference in the form of RF or clicks and transients from local 
appliances can enter your system in several ways. The interference 
can be induced (by a very local field), radiated (where something 
in the system acts like an antenna) or transmitted through the mains 
(through the powercord). Whilst your recording equipment is, strictly 
speaking, only supposed to pass audio signals, certain circuit 
components are capable of detecting high frequency signals, and 
producing an audio frequency signal. Vbur equipment may seem 
to need radical redesign, however a hunt and eliminate procedure 
can help you protect these sensitive parts from pickup. 

The best way to localise the source of the trouble is by a process 
of elimination. Firstly, disconnect the equipment from the power 
line, piece by piece, working in towards the mixer and monitor 
amplifiers. This may isolate the source. An abrupt stop Implies 
the pickup in the powercord. A gradual decrease as the power supply 
discharges, indicates pickup in the circuitry or connecting leads 
of that piece of equipment. Obviously disconnecting leads and 
a subsequent stop to the noise shows where the problem lies. 

RF may appear from one place or several and this elimination 
technique may be used to track the problem areas. There are now 
three ways to eliminate the problem: 

Ritering — There are several options. Mains bourne interference 
may be filtered out with an in-line filter that connects between the 
equipment and the power socket. Small value capacitors may be 
fitted to switches or motors and at speaker terminals. Thirdly, cables 
may be coiled round or passed through ferrite beads. These products 
are readily available and come with extensive fitting instructions. 
Screening — If you are not using good quality screened cable, 
this is the time you should start! Pickup may occur via bad cable 
or even plastic jack or phono pin plug* Further, you may need to 
screen circuitry, particularly if there is no original manufacturers 
shield close to sensitive components. A sheet ol brass or copper 
is best, connected to the earthing point, though cooking foil has been 
known to work quite successfully. 

Earthing — Or grounding makes the metal chassis and screening 
electrically 'dead’, preventing radio field from passing though them 
However, be careful too many independant points brought to the 
same ground terminal, when there is already interconnection 
between the equipment cables, may cause a ground loop to occur 
It's best to earth only one piece oi equipment (the mixcri and allow 
all the other equipment to take its ground reference from this. 

Eliminating interference is largely a matter of persistence and 
common sense. 

Happy Hunting! 
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SWEETEN, CLEAN & 
HIGHLIGHT 

Until the multitrack revolution, recordings were made straight 
Very little processing was used. Purists still abound and many 
classical recordings and esoteric digital performances are made 
with a minimum of electronics between the microphone and recorder. 

Signal processing first appeared as a corrective measure. 
Equalisers to make upforbad acousticsand imperfect microphones, 
limiters and compressors to prevent overload and distortion. When 
these features appeared on consoles in 50 s and 60 s engineers 
discovered that they could also use them for creative effect. 

As producers became more interested in the final sound so the 
desire for greater commercial impact in the final mix was the order 
of the day. Basic effects became more sophisticated and a wide range 
of dedicated effects became available in the level, frequency and 
time control domain. 

These can stretch, squeeze and modify any sound that can be 
produced. No single processorwill produceall the effects you need. 
At the same time there are so many on the market that it is important 
to pick and choose carefully and avoid the cost trap of repeating 
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Here are 3 things signal processing lets you do. 

Sweetening 

For a pure sound, as dose to the original as possible, put nothing 
between the microphone and tape machine. However modern taste 
for recorded sound is for a richer, fuller, thicker effect Most 
processors are aimed at enhancement 

The ear longs for reverberation. Without it signals sound dry and 
lifeless. Reverb, as heard in concert halls, adds a very short initial 
delay, followed by a diffused numberof echoes, that supplement and 
enrich the original signal. 

A musical performance can span l20dB of dynamic range, while 
the final record or cassette can only reproduce 60d Bor less. So during 
mixing you either have to lose some information in the noise, or 
continuously pull down faders when signals get louder. Compressors 
and limiters can subtly squash’ the dynamic range, adding impact 
and punch, creating a tight punchy sound. 

When you mix sound and blend a music production, some of the 
subtleties of individual sounds become lost in the overall sound. 
Equalisers may be used to fill up the holes in the overall frequency 
spectrum. 

The new time shift devices can create slight or exaggerated 
replicas of the overall sound. Starting with straight delay, to achieve 
a doubling effect and then moving on to a modulated or warbled 
time delay that creates a slightly different chorus can make a single 
violin sound like many. The latest harmonisers actually allow you to 
shift pitch in real time, and that really does sound like an extra 
instrument 

Finally there’s the mysterious psychoacoustic effect of aural 
excitement Patented electronics analyses and moves around various 
parts of the spectrum, creating harmonics and phase shifts that 
brighten up the sound, and enhance the stereo picture. 
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Cleaning 

There are various ways of removing noises from signals. Equalisers 
are most common. A single sweep equaliser will enable you to filter 
out noise at a particular frequency, camera whirr, air conditioning etc 
Rumbles for traffic go with bass cut and noise from amps can be 
controlled with the treble control. A noise gate or dynamic expander 
can selectively shut down the channel when no useful signal is 
present Whilst this may sound strange monitoring on it s own, when 
blended in a mix, there’s less contributing noise and hence 
muddiness overall. You can even attempt removal of the centre vocal 
in a mix, by reversing phase on one channel, combining left and right 
so cancelling, information in the centre! 

Highlighting . 

Try to capture music with a single microphone, and you get little 
control over the presence of individual elements. It s the reason why 
close miking is used in the first place. Even when you mix, important 
sounds can get lost The range of processing available helps give 
every mike signal attention, to lift and separate out the vanous 
sounds to produce a mix where everything is heard clearly. Many of 
the rules mentioned underthickeningapply, but you can go further to 
enable the listener hear the most pleasing balance. 

Vocals are usually the biggest problem. An untreated voice gets 
lost very easily in the music. Not all vocalists have penetrating voices, 
evenless have developed microphone technique. Equalisation 
obviously helps. Presence in the mid band region goes a long way 
to making a voice prominent Level variations can be sorted out with a 
compressor or limiter. Musical instruments and effects can benefit 
from similar treatment. It’s all a matter of taste and engineenng 
experience. Listen to the unadulterated sound and then use pro- 
cessors to achieve a well balanced mix. 
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PROCESSING FOR EFFECT 

Signal processors help you get more from your equipment You get 
greater flexibility from your system, more control and the result is 
a more commercial sound. No system is too small to accommodate 
effects. You probably have tone control on your mixer, which is the 
basis of the art of equalisation. Careful microphone and fader 
technique is a physical level compressor. All electronic devices look 
after levels and let you get on with the more important task of mixing. 
Equally, noise gates control hiss and microphone spillage that occur 
during mixing. And reverb or delay devices enhance your sound, they 
fill it out and take you to the realms of production associated with 
state of the art studios. 

Where to connect them 

The ideal is to connect signal processing at line level. Most mixers 
and signal lines are at line level, 1 volt or the budget - lOdB standard. 
Most commonly this is known as the insert or accessory point in the 
console. You will find either a break jack or two mono sockets, 
internally or externally connected like a shorting pair across two 
phono sockets. This is the point at which to connect your signal 
processors. 

The best way is to bring all these connections, as well as inputs and 
outputs of mixers and recorders to a patchbay in a rack or elsewhere. 


At microphone level 

For simpler mixing systems you may not have the luxury of line level 
insertion points. You need not be restricted. You can treat signals 
at microphone level. Many effects are compatible with microphone 
levels. Connect your microphone or instrument directly to the 
processor for compression, equalisation, gating, and reverb. 

Foot pedals as effects 

You can even use guitar effects pedals to establish the rudiments 
of processing for effect. The Wah Wah pedal Is no more than a 
simplified parametric. Noise gates, treble boosters are equivalents 
of more expensive studio effects. Because microphones, (hi-Z or use 
a step up transformer) produce similar levels to wired instruments, 
you can connect foot pedals directly between microphone and mixer 
input. Of course guitar effects are restricted in noise and frequency 
response characteristics, so it's best to use devices designed for 
microphone application. Remember that you can use professional 
effects to create the sounds of your pedals, but not vice versa. 

Out of the studio 

Signal processing is just as important for mobiles and PA. It gives the 
operator greater flexibility, where he needs it to achieve professional 
results. At a recent major concert, a rack of 24 world class noise gates 
were used, just to keep the drum mikes clean! 
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AV’s EXTRA HAND 

Acomplex production scene for AVordrama, may comprise of several 
voices, music tracks and numerous sound effects. Not only do you 
have to get everything on cue, but you also have to fade the signals 
in to prevent picking up starting clicks, background noise and so on. 

With helpers or tape operators it’s manageable, but working alone 
operation starts getting difficult 

Of course multitrack helps, if you can record all your signals at the 
right point on four or eight tracks, all you have to do on the final mix is 
bring up the channel faders at the right time. A third hand would be 
useful, and it exists in the form of a noise gate. Connected in line with 
the signals, this keeps the channel closed or attenuated until the 
useful signal appears. It then opens up to normal level, and gently 
closes down again when the signal disappears. 

By connecting a noise gate in line with each sound source, you can 
concentrate your time on the creative side of keeping the overall 
balance correct. 


FISHING FOR VOCALS 

It can get very frustrating, trying to fish the vocal out of a PA or 
recording mix, when the music is blasting away. Push the vocal fader 
higher and you get distortion. 

There are good reasons for this, and, a way round it Voice signals 
tend to contain a lot of peaks or transients, which register on your 
meters, yet the average level remains low. That’s why when you set 
your meters on the peaks, the overall level of the voice remains 
below what you would expect 

A compressor/limiter can solve all that Electronics are used to 
even out an average level, reducing these peaks. Every time that the 
signal crosses a predetermined level, fast circuitry automatically 
reduces the level, very much like pulling down a fader, only much, 
much faster. 

Normally some form of indicator, an LED or meterwill tell you when 
this is happening. 

Compressors will feature other controls to enable you to ’tune’ 
the unit to fishing out instruments as well as vocals. 
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PSEUDO STEREO 

There is no question that stereo presents a far more effective 
soundstage than mono. 

There are many cases when a mono record or sound effect has 
to be transcribed to a stereo recording for drama or production 
application. 

Here are a few techniques that can help spread the sound across 
the stereo image. Most of these involve splitting the mono signal into 
two or more channels of a mixer and then using channel controls 
or extra signal processing to achieve the effects You can use the 
various methods alone or in combination to achieve the effect 
you need. 

1. Use the input panpot to move an effect from left to right at any 
speed across the stereo picture As directional information comes 
from high frequencies, use a second channel to feed bass boosted 
and treble cut signal to the centre if you want to fill the sound out 

2. Apply boost with a tunable equaliser, to the signal, and you will 
be able to lift out certain instruments Now, affecting various 
frequencies on separate split channels, you can use the panpots to 
position instruments as desired 

3. Reverb, especially stereo reverb, used alone or in combination 
with the above will do much to increase the illusion of space If you 
have several reverbs available, the reverberated signal can be 
positioned with pan pots for more effect Again, parametric or 
tunable equalisation is useful for maximum effect 

4. Rlter the signal harshly and delay it with tape or an electronic 
device and position this signal in the stereo spread. 

5. You can subtly add sounds of your own to superimpose on the 
effect or music. This may be an electronic snare, guitar or other. 
Many stereo records that are labelled reprocessed electronically' 
use this technique. Multitrack is of great help in this method 

The ideal of course, would be to use a de-mixer that could split the 
signal into individual signals, but that simply does not exist! 
Whichever technique you develop, make sure that the artificial stereo 
that you produce is mono compatible. Using equalisers, phase shifts 
occurand you may find that if the leftand right signals are combined, 
you may well start losing sounds. Then again, this may well lead to 
another technique for remixing the sound. 
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WHAT NOISE REDUCTION 

WONT DO 

Certainly noise reduction dramatically improves the signal to noise 
ratio of your tape recorder What it won't do. is reduce noise already 
existing in programme material 

It's the noise you hear when you listen to individual microphones 
when nothing useful is being picked up Like the buzz of a gurtaramp 
when the lead has finished, or the vocalist is listening to the recorded 
track for his cue for the next overdub ft may not sound like much, but 
it all adds up to a general background ambience that reduces 
definition in your recordings, impairs stereo separation and generally 
muddies the signal 

On rnixdown these noises are combined and your final sound 
suffers The solution is to control each channel closely Watching the 
score, and pulling down the channel fader whenever useful signal 
disappears You need a lot of hands or a lot of help, and it takes you 
away from the creative art of maintaining a commercial balance. 

A noise gate can act as your third hand. It detects the signal in 
a channel, and when this drops below a useful preset level, it simply 
turns the signal down. You can set the speed and intensity with which 
all this happens In fact you tune control characteristics of each 
individual signal. 

In line ’with the signals, noise gates do mucffto dean up the overall 
sound. 
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effects underfoot 

There’s a hundred and one foot pedals that your guitar or keyboards 
will work with. When it comes down to it they are all simplified studio 
processors, stripped down to do only one thing. Use the real thing, 
and a whole new area of effects opens up. 'feke the following examples; 
The Wah-Wah - no more than a crude parametric. This effect is 
a tunable equaliser sweeping up and down the frequency spectrum 
as you move your foot 

Sustain - A limiter or compressor set for fast attack and release. 
The initial level is reduced and as the natural sound dies away, signal 
are kept at a high level. With a studio compressor you can vary the 
attack time to give a greater starting punch’ to the effect or vary the 
release time to adjust the decay time. 

Noise gate - The professional word is used for a greatly simplified 
effect With full studio control you can create new sounds. Longer 
release means you can tune the unit to your style of playing, adjust 
the depth and stop any unnatural signal cutoff. 



CHANGING VOICES 

Witha little electronic creativity the sounds ofvoicesand instruments 
can be changed for theatrical effect 

Use a parametric equaliser on the voice to give a steep lift in the 
mid bass region and you have megaphone sound, tune in higher up 
and low frequency cut and it becomes telephone line. 

Simple processing can produce dramatic effects. 
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spea ki ng, these too can be d irectly i nterfaced. I nputs a nd outputs are 
normally positioned above one another, for ease of reference. 

Only microphones are at a much lower level, though these are not 
normally brought up to the jackfield only in specialist applications 
such as theatres, where it is necessary to reposition microphones 
frequently. 

Next comes the question of normalisation. 

In a normalised system, pairs of sockets are connected togethervia 
the switching contacts of the sockets. So. for example, the outputs of 
the mixer are connected to the inputs of the recorder, and the 
outputs of the recorder connected to the line inputs of the mixer 
UNLESS a plug is inserted, allowing the signal path to be inter- 
rupted, and re-routed to another piece of equipment For example, 
it may be necessary to include an equaliser in the tape return path. 

Some patch bays, such as simple phono types, are not practical to 
normalise, and all connections have to be made physically by using 
patch cords on the front panel. When the signal is re-routed, this 
patch cord is unplugged and new wiring is set up on the patch panel. 

Whilst this latter system is more economical, it is far more complex 
to use and always ends up with a rats nest of wires on the panel. 
Look at the typical layout of a patchbay for a small four track system. 
Careful planning of layout in advance keeps patching quick to do 
and allows for future expansion. 



WHEN YOG NEED 
A PATCH BAY 

Beyond the single mike feeding a recorder stage, some form of 
patching system between the mixer, recorders and effects units is 
essential. 

A patch bay makes interconnection of recorders, mixers and effect 
simple. By bringing all the connections to one centralised point, you 
can use short leads to connect across from one piece of equipment 
to another. 

A patchbay normally mounts into a standard rack, along with most 
of the signal processing equipment. 

A single panel has anything from 16 to 96 sockets on the fron t panel 
These are normally of the jack type, but budget versions using phono 
type and much more complex systems with multiple connectors are 
also available. 

Patch bays are available as balanced or unbalanced, the latter now 
becoming more common for budget equipment. Basically, all inputs 
and outputs are brought to the patch bay. That is all inputs and 
outputs of mixers (including insertion points), recorders and effects 
units. All these signal levels should be the same, and though there 
is some incompatibility between - 10 and OdBm systems, generally 
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CLEAN DRUMS 

Close miking drums is the accepted technique for modem music. 
At least one mike per drum, plus overheads for the cymbals and 
hi-hat Feed them to a mixer, and panpot them around to get the right 
stereo image. 

The technique is familiar, but one major problem exists. 

Half a dozen or more microphones, open duri ng record i ng or PA, pick 
up more than just the sound that they are supposed to. No drummer 
can play all the drums at the same time, and inevitably, certain m i kes 
stay open, even when they are not picking up anything useful. 

What they do tend to pickup is the spill from the other drums, and to 
a lesser extent the general spillage of the studio. It all adds up to a 
loose stereo picture and less defined or tight sound. 

The solution is to pull down the faders on the mikes not being 
used, but that’s impractical. What’s needed is some form of automatic 
yet gentle switching device, that opens up the mikes only when they 
are being used. A noise gate fulfills this function. Connected in line 
with a microphone or patched into a channel, you can set the level 
below which the mike signal is attenuated. The moment that the 
corresponding drum is hit the signal path opens up to normal, and 
the signal gets through. Once the sound dies away, below the preset 
level, the noise gate gently turns down again. 
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BEYOND THE GRAPHIC 

A graphic equaliser is a great improvement on a simple bass and 
treble control, it enables more precise tonal control of the sound. 
The more bands you have, the more useful it becomes. However, 
it would take thousands of controls to allow you to pinpoint specific 
frequencies. A tunable equaliseror parametric solves this limitation, 
it enables you to pinpoint specific frequencies and apply correction. 

You will find that as you tune the frequency control you will naturally 
pick the point at which boosting or cutting will highlight a voice or 
instrument in a mix or eliminate an annoying buzz or resonance. 

Used on the overall output of a PA system you can produce the right 
bass thud or tune out the feedback fundamental for an auditorium. 



INSTRUMENT 


CUTTING 


Human Voice 

Scratchy at 2kHz 
Nasal at 1 kHz 
Popping p’s below 80Hz. 


Piano 

Tinny at 1— 2kHz 
Boomy at 320Hz 


Electric Guitar 

Muddy below 80Hz 


Acoustic Guitar 

Tinny at 2— 3.2kHz 
Boomy at 200Hz 


Electric Bass 

Tinny at 1kHz 
Boomy at 125kHz 


String Bass 

Hollow at 620Hz 
Boomy at 200 Hz 


Snare Drum 

Annoying at 1kHz 



I 


Bass Drum 


Tom-Toms 


Cymbals, bells & tambourines 


Horns & Strings 


Floppy at 620Hz 
Boomy below 80Hz 


Boomy at 320Hz 


Annoying at 1 kHz 


Scratchy at 3.2kHz 
Honky at 1 kHz 
Muddy below 1 25Hz 
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BOOSTING 


OTHER COMMENTS 


Hot at 8 or 12kHz 
Clarity above 3kHz 
Body at 200-400Hz 


Tend towards thin when blending 
many voices 


Presence at 5kHz 
Bass at 125kHz 


Clarity at 3.2kHz 
Bass at 125kHz 


Sparkle above 5kHz 
Full at 125kHz 


Growl at 620Hz 
Bass below 80Hz 


Slap at 3.2— 5kHz 
Bass below 1 25kHz 


Crisp above 2kHz 
Full at 125kHz 
Deep at 80Hz 


Slap at 3.2— 5kHz 
Bass at 80-1 25Hz 


Not too much bass when mixing 
with rhythm section 


Sound varies greatly with strings 
used 


Also try adjusting tightness of 
snare wires. 


Usually record with front drum head 
off. 

Put blanket inside of drum resting 
against the head. 


Slap at 3.2— 5kHz 

Tuning head tension is very 

Bass at 80— 200Hz 

important 

Sparkle above 5kHz 

Record these at a conservative level 

Hot at 8 or 1 2kHz 


Clarity above 2kHz 


Lush at 320— 400Hz 
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PROCESSIHG RRTS 


THE TIGHT BASS 

All to often bass sounds tend to be both muddy and uneven. 

Yet a solid bass sound is fundamental to any music recording. 

Here are a few ways to help put it right; 

1 . Correct miking — Point the microphone right at the centre of the 
speaker cone, that way you’ll get a brighter, more trebly sound. 

2. Direct injection - Go straight into a high impedance mike input, 
or via a Dl box if you have low impedance inputs, and process the 
precise signal that the instrument is putting out You also avoid the 
bass spillage in the studio, which because of its omnidirectional 
characteristic, will creep into every microphone around. 

3. Use parametric EGL — By cutting the extreme lows and boosting 
the mid lows, you can eliminate much of the boominess (see the 
equalisation chart). 

4. Limit the signal — Watch the output of a bass guitar on a meter, 
and you will find thatmostmusiciansdon'tplay all thatevenly. Puta 
limiter in the line, and you can control the signal to give you regular 
output which you can maintain at a consistently high level in the mix. 
Further, if you have the facility to control the attack time of the limiter, 
by selecting a slow attack you can accentuate the initial thump of the 
string, giving a more punchy sound. 


5. Gate the signal - Connect a noise gate in line with the signal and 
trigger the bass guitar with a bass drum or vice versa. The attack 
envelopes of the signals are combined and both signals begin 
together, presenting a punchy, dynamic bass sound. 

6. Never add echo — Bass sounds through a reverb unit always tend 
to be a muddy sound. Avoid this happening like the plague and be 
watchful of bass signals in through other microphones. 

All these techniques can be used alone or together to tighten up 
the bass sound in your recording or PA. However, nothing beats a well 
developed playing technique! 

A HARD PIANO 

It s difficult enough to mike a piano reasonably without having to 
worry about its presence in a mix. And that’s especially important 
where you need a solid rhythm or dominating lead instrument. 

Compressing the sound has similar effect to using sustain on 
a guitar. The attack of the notes becomes more obvious, and the decay 
is extended. It’s one of the punchiest sound you can achieve. Take 
a listen to some of the early Bee Gees hits if you need convincing. 
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, WHAT YOCI SHOULD KNOW 

ABOUT REVERB 

Reverberation forms part of everything that we hear. It’s the natural 
ambience caused by multiple sound reflections by wallsand ceilings. 
The effect has a very ’full-bodied’ sound as distinct from what is 
commonly known as echo (more like the Swiss Alps than a concert hall), 
created by a tape loop, with the playback head feeding back to the 
record head and producing distinct repeats. In both cases the sound 
dies away gradually and this is known as decay time. 

The need for reverberation is strange in a way. avoiding it at first 
and then adding it artificially. In modern studios, with multi-mike 
techniques the engineer tries to achieve a sound as free from 
colouration as possible. Studios are designed to be dead acoustically, 
producing a dry. unnatural sound. This is done to give the maximum 
flexibility over the control of the quality. Once equalisation and 
compression have been done, reverberation is added to enhance 
the sound. 

The earliest form of artificial reverberation was a live concrete 
chamber containing a microphone and loudspeaker. Though 
effective, more compact and economical solutions have been 
developed. These consist of a metal spring or plate under tension 
which, when driven with a loudspeaker type arrangement, produce 
mechanical vibrations similar to natural reverberation. These are 
picked up. amplified and added to the original signal. Sometimes 
variable tone control is added to simulate different acoustics. 

Unless necessary for special effects 'blanket' reverb is rarely used. 
This tends to give a muddy’ sound especially when bass signals are 
present. Normally a mixer will incorporate an 'effects’ or echo 
* system, with a 'send' control on each of the input channels which 

I sends a controlled amount of the signal to the reverberation unit. 

The effect then rejoins the main mix via the’return’ controls which are 
I found on the main output section of the mixer. 
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ECHO FOR EFFECT 


A REVERB MIXER 

Above all other effects, reverb is the one which can warm up a sound, 
add depth and loudness, and generally enhance dry signals to make 
commercial recordings. 

Much as you apply different equalisation at different frequencies 
for different sounds, reverb intensity, length and quality will vary 
depending on the programme material. 

Yet most mixers feature only a simple level control for the echo 
return signal level. 

One way to get fuller control, is to use a couple of spare input 
channels as signal returns during mixing. However, a simple, separate 
mixer, gives scope for a broader range of effects from even the 
simplest reverb device. 

A small four channel unit, can be used in various ways to give 
greater control over the reverb effect 

Assuming that you are using a stereo unit and have some form 
of delay available (whether a tape loop device or analog or digital 
device), here are some of the things you can experiment with , 

1. Using Y splitters, feed the two echo return signals into all four 
channels. You can now equalise and pan the signals to simulate 
differing conditions. 

2. Still using the splitters, delay part of the returned signals and 
feed to two of the channels, keeping the original reverb signal on the 
first two inputs. Again use pan pots and tone controls for the 
desired effect. 

3. Feed the echo send control through a delay before it reaches 
the reverb unit, then try changing the delay time for different effects. 
Using reverb effectively is an art in itself. A separate mixing system is 
well worth thinking about 


TIME TRICKS 

Whilst the new breed of electronic delay devices provide a huge 
range of time distortion techniques, many special effects can be 
created using one or two tape recorders. 

Echo - The classic repeat echo is achieved by feeding the playbac 
head of a tape machine back to the record head. Tape speed 
determines the timing of the repeat. Adding a simple delay to th. 
output of a spring reverb increases the apparent reverb time. 
Flanging The first flanging, on the classic Ttchycoo Park' single 
was achieved by recording the same signal simultaneously on twc 
tape recorders, combining the two playback signals, and then varyin 
the speed o one machine, by merely slowing down one of the tap 
reels manually. The very slight time differences that occur cause 
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cancellation at differing frequencies, hence the flanging or swooshing 
effect 

ADT — Again using a single recorder to delay a voice by a few 
milliseconds, to build the sound. This is only possible with close 
head spacings or fast tape speeds, otherwise the delay is too long. 
Runaway — On many tape machines the pinch roller can be removed 
or lifted from the capstan to give a ’runaway sound in combination 
with the above effects. 

Reverse playback - Obvious but effective. 

Speed Change — The following technique may sound a little crude, 
and sometimes frowned upon by engineers but if you don’t have 
varispeed, it’s a way round the problem. 

Wind some masking tape or similar round the capstan which will 
increase your tape speed giving you shorter delays for ADT or echo 
effects. When you finish, clean the capstan thoroughly to avoid getting 
any adhesive material onto subsequent tapes. 

Run ups and downs — Several tape recorder designs allow you to 
remove the pinch roller by simply removing the top securing screw. 
This allows you to freewheel’ the tape from a standing start, using 
your hand to control the speed of the take up reel during record 
or replay. 



33 





YOUR OWN CHAMBER 

If you are lucky enough to have a spare room about twelve foot 
square with hard walls (tiles or concrete), you can create your own, 
real, echo chamber. Experiment with a speaker/amplifier combi- 
nation, driven by the echo send of your mixer and use a microphone, 
(or pair for stereo) to pick up the reverberant sound to feed the 
echo returns. 
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ECHO FOR EFFECT 


COMMERCIAL LOUDNESS 

Writers, performers and technology all play their part in squeezing 
the last ounce of loudness from jingles and commercials. Content 
aside, you achieve maximum impact by engineering a tightly edited 
production of words musicand effects. Every fraction of every second 
is paid for, and dead airtime does not sell. Using reverb you can 
create a useful aural illusion. A signal sounds louder because it is 
warmer, fuller, and the brief, silent gaps between words are occupied 
by some sound. 

Subconciously, everyone is aware of the presence of reverb, and 
a small amount added to a programme announcers voice can have 
a subliminal effect on the listener. The use of reverb is endorsed 
by many broadcasters, particularly in the highly competitive US radio 
market When MOR stations often have similar programming, the 
subtle use of reverb gives the station a little more warmth, and 
a different ’sound' than others. 

With music or speech, a small amount of reverb can make a big 
difference in the way the sound appeals to the listener. 
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THE TEN TRACK BOUNCE 

You can record up to nine individual signals on a four track tape 
recorder without going beyond second generation with some careful 
pre-planning. 

1 . Record the first three signals on three tracks in the normal way. 

2. Mix these together with the fourth live signal, onto the vacant 
fourth track. (In the sync mode or, in this case, as there is no timing 
to worry about, by selecting play and record on the appropriate 
channels). 

3. You now have the first three tracks available for record ingaga in. If 
you wish, you can run the tape through in the record mode on these 
tracks, to wipe off the original material. 

4. Record the fifth and sixth signals in the usual sync fashion, onto 
two of these remaining tracks. 

5. Mix these together with a live, seventh signal and bounce onto 
the remaining open track. 

6. Now record the eighth signal onto one of the two open tracks. 

7. Bounce this together with a live, ninth signal, to the remaining 
track. 

8. Finally record the final, tenth track, directly to the remaining 
open track. 

Obviously, you must work out exactly, what you will be doing 
beforehand. 
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DISTORTING, THE TROTH 

How much distortion can you hear? 

It's all well and good being sold on distortion levels of less than 1%, 
or less than 0. 1%. or less than 0.0 1% or even less, but how useful is that 
really and how much are you paying just to buy specifications, rather 
than more facilities and equipment? Here are a few researched facts 
that may help put the records straight. 

1. Discs reproduced by high quality magnetic cartridges typically 
produce 8% to 10% distortion. 

2. Good monitor loudspeaker producing levels of around 80dB at 
one meter produce around 0.3% distortion in the mid frequency 
range, and from 1% to 2% at the low end. 

3. Open reel tape recorders produce distortion in the 1% to 3% class 
and cassettes, typically twice that. 

So even the best produced masters have a content in the region of 
2% to 3% whilst the 'just detectable distortion' figures from extensive 
tests have been shown to be around the 0.7% region. 

Now listen to your favourite recordings and bear in mind that when 
you buy, you may be paying for super specs that simply contribute 
nothing to the perceived quality of sound. 



MIXER HOTRODS 

If you have some understanding of electronics, with a little 
imagination there are several hot rod mods you can do to extend 
the facilities of your mixer. 

Pre fade listen — this requires fittinga push button switch somewhere 
close to each channel fader on the front panel. Connect one end via 
a 1 0k resistor to the top of the fader, and buss the other switch terminal 
to a common point with all other switches. The output of this buss 
can be fed to the monitor system or separately, to a small amp 
and speaker. If you don’t like the idea of drilling so many holes 
in the top of your panel, a rotary wavechange’ type switch can be 
used in a single location. Pre fade listen permits convenient 
listening to an individual signal prior to fading up the channel. 

It's particularly useful in production and live applications enabling 
you to check signal quality on individual channel without disturbing 
the mix. Further switching contacts may be utilised to operate 
a relay which changes the monitoring over to the pre fade signal. 
This is also known as solo. 

Cut switch — Simply fit a switch in line with the top of the fader above 
each channel. Using a miniature toggle, this can be combined with 
the pre fade system as described above. The cut switch is a particularly 
useful feature during mixdown or live performance. It allows 
channels to be temporarily switched off while building a balance 
or non usage of microphones, without affecting the fader positions 
or routing. 

Extra auxiliary sends — replace pre or post fade level controls with 
a dual concentric type potentiometer. This gives two separate controls 
in the space of one. Use similar values of potentiometer and mixing 
resistor. Use a common buss and a final small mix amplifier to 
connect to the outside world. 

RIAA input - build a small preamplifier into the console to equalise 
for disc inputs to extend the mixer to production use. 

Insertion points — you will find that the microphone amplifier and 

equaliser in most mixers are connected with a capacitor. By breaking 

the circuit at this point, and adding an extra isolating capacitor, 
you can simply add a patchpoint. Take the two sides of the circuit to 
a switching jack or jacks, so when you connect in the plugs from your 
external signal processing, the circuit is interrupted and the effect 
'inserted'. 

Mic transformers — small can type microphone transformers can 
usually be included inside the mixer chassis to provide more gain 
and match low impedance microphones. Replace the existing jack 
socket with a stereo type to get the facility of a balanced input. 
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TRICKS IN PLCIGS 

Most jack and XLR plug shells, are big enough to let you build in 
a few components to act as simple attenuators or filters, should you 
need to drop level or lose some treble or bass simply. Use the 
attenuator chart to find values and look at the illustration below to 
see how it’s done. Remember to insulate the exposed connections 
with insulating tape or rubber sleeving to prevent short circuits with 
the body. Captive type covers are advisable to prevent any strain on 
the component leads occuring 

Filters are also possible by including a small capacitor in series 
(to reduce bass) or in parallel (to reduce treble), but values will 
depend on source and input impedances so experimentation is 
necessary. 

Two resistors connected as shown form a simple L-pad to reduce 
signal level. Choose a value for resistor B that is approximately 10 
times lower (or more) than the input impedance of the unit you are 
driving. With a little care, such pads can be built in, directly to jack 
and XLR connectors. 



inns on the level 


SPEAKER RESTRAINTS 

You can protect loudspeakers against voltage surges by connecting 
two zener diodes back to back, in parallel across the speaker input 
terminals. The zener voltage should be equal to half the maximum 
peak voltage permissible. 

A normal 6V 40mA bulb can be used as a useful signal compressor 
for foldback systems. Simply connect in series with the signal line, 
as the signal voltage rises the bulb will start to glow, its resistance 
going up, and attenuating the signal. 

HIGH INTO LOW WILL GO 

The rule of thumb is to connect low into high-always. That way you 
don't run the risk of losing signal level or quality. Similarly, line level 
signals should strictly NOT be connected to microphone level 
signals. However, modem circuitry often exceeds what is expected 
of it, and there are now several manufacturers who are providing their 
equipment with inputs that will accept all levels of signals from 
microphone to line level. As long as you are dealing with signals 
a couple of volts or less, you won t damage anything, and you may find 
that you are getting quality signal through without distortion or loss. 
SOME WORDS OF CAUTION — Never, never connect anything rated 
in Watts, or other speaker level signals into an input designated 
for mike or line inputs. 




FRITS on THE LEVEL 



THE AMP SPEC JUNGLE 

There are hundreds of different makes and models on the maike 
Its hardly surprising in such a lucrative market, that manufacturer 

be heve they can get a biggerslice with 'revolutionary' developmenl 
or lower prices. 

On the face of it amplifier design is simple. Thousands of design 

berart e An PUb 'rr hed, u rn0dified a " d built The V ma V al1 work. but 
mav not nrr. amP WOrks on a test bench °r in a hi-fi syster 

S r ? 3 StUdi ° 0r on the road Here are some 

audio spectrum and at all levels EmS P * dormance across the ful 
than a simple harmnn.v^i- * . S ' ^ qua y ’ there s more to quality 

with steady state sicnals l ^>?I tl0n a J laly . sis * M °stcircuits perform wel 
intermodulation between hig^and | ^ mUS ' C programme ' when 
speed with which the amr.ur d ° W frequencies occurs. And th< 

Fortunately most amnl.r P d c ean Percussive sounds are. 
and not peak power' whU ^ ^ n ° W specified in true RMS powe; 
word. P Wh ' Ch ^originally used to beef up the writter 

Shortcuts 

even if for on^brief^ri^r *" arnplifiers get driven to the limit 
Provide ample operating „ n ^ mp0 " ent specifications should 
should have long term stabilitv '¥ any conditi ons. Circuitry 
loudspeakers it drives from 0wdnf tand protect itself and the 

across the output terminals! mage ' Afairtestist °puta screwdriver 
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Mechanical Failure 

Hot. heavy parts are an accepted feature of power amplifiers. So 
adequate coolingand construction are essential. A unit may work well 
on a short demo, but in a warm location, and after a few hours, thermal 
runaway may occur. Similarly rack handles don’t mean it’s suitable for 
the road. A few hours in a truck on a bumpy road, and bigcomponents 
can work loose, causing internal damage that’s only obvious when 
you hear a rattle or see smoke. 

When choosing, check these points carefully. 

DRIVING HARD 

It’s a fact As far as the human ear is concerned, a kilowatt of sound 
sounds about twice as loud as 100 Watts in mid-frequency range. 
So, considering that you need ten times the number of amplifiers 
to double your loudness, it’s important to get maximum from your 
equipment. With uncontrolled dynamics you may well be wasting 
power. Peaks in the signal are usually twice the level of the average 
sound level. So if you set your controls so that these peaks are at 
the limit of the amplifier’s capability, then the average signal will only 
be driving your amplifiers at half power. Add a compressor or limiter 
to ’ride’ these peaks and bring them down to your average level, 
and you can set your controls at a much higher level. 

What’s more, there’s no point in underdriving equipment Correct 
matching of mixer output level to amplifier input is essential. If you 
are only producing a volt on your output and your amp needs two 
volts, you are losing half your power. You can also lose signal quality 
and level down long lines, but that’s dealt with separately. Using 
a booster, matching amplifier, these problems can be solved. 
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FACTS on THE LEVEL 


GETTING MAXIMUM POWER 

Let s see what happens with a typical I00W RMS amplifier rated for 
maximum power into 4 ohms; 


Speaker Impedance 

Max Power 

% Max 

1 1x4 ohm 

2x8 ohm = 4 ohm 
4x 15 ohm 

100W 

100 

3x15 ohm = 5 ohm 

90W 

90 

r 

1 x 8 ohm 

2 x 15 ohm = 8 ohm 

70 W 

70 

J 

1 x 15 ohm 

2x8 ohm = 15 ohm 
(series) 

50W 

50 





CABLES THAT CUT 
THE HIGHS 

Cables that interconnect your system could be absorbing all your 
high frequencies. 

Cables exhibit a characteristic known as "capacitance". (Look 
upon it as a short circuiting effect that increases with frequency). 
Run a long line from a high impedance mike and you stand to lose the 
treble. Take a look at this chart and see how much high frequency is 
lost connecting budget recording equipment and using typical hi-fi 
cable with average impedance. 

Losses from a 10k ohm source along a 300pF/m cable 


Length 

Loss at 1 0kHz 

Loss at 20kHz 

1m 

-1.43dB 

-2.8dB 

2m 

-2.8dB 

-4.8dB 

4m 

-4.8dB 

-7.9dB 

8m 

-7.9dB 

-12dB 


For signals other than low impedance microphones or sources 
where the impedance is low, it’s wise to use as low a capacity cable 
as possible. 
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CONTROL ROOM 
ACOUSTICS 

I If the speakers do not sound quite as bright as you expect them 
to, then perhaps the tweeters are pointing into something very 
absorbent like a chair or heavy curtain. You should always aim the 
tweeters on your monitor at your ears when monitoring. 

2. Bass signals generated by a loudspeaker go out in all directions. 
It’s the characteristics of any low frequency sound. If you thinkyoumay 
be losing bass, move the speakers away from any openings and into 
a corner or onto the floor. Walls and floors reflect these signals back 
into the room. 

3. Conversely, you may find too much boominess, and you may well 
be over-emphasizing the low frequencies with one of the above 
techniques. Put the speaker away from the floor, on a stand or use 
curtains to absorb the sound. 

4. Too much treble is easily absorbed by objects in a room. Avoid 
any concave shapes as these may reflect the sound back at you. 

Or add tiles around the speaker to absorb the high frequencies. 

5. Parallel walls, or a hard flat ceiling and hard floor, create 
reflections and can produce a hard sound. Square or rectangular 
rooms often have this problem. Put something absorbent on these 
surfaces, curtains, tiles or carpet for example. But do it in small areas, 
two totally absorbent surfaces create poor listening acoustics, wall to 
carpeting and acoustic ceiling tile for instance. A combination of 
reflecting and absorbing things is best. 



47 



CHOOSING MONITORING 

Listen carefully and don’t be misled by volume or comparison with 
inferior truly models. Take along a familiar recording. Something you 
have taped personally or a favourite record. Try to find somethi ng that 
includes solo instruments. 

Now listen to the system, first paying attention to the response 
in the low mid and treble ranges. Individual bass notes should be rich 
and not thick’. You should be able to separate and identify the 
various instruments easily. The thud of a kick drum from the plucking 
of a bass guitar and the mellow sound of a cello from subtle wind 
instruments. Listen particularly for distortion with the boosted bass 
of rock music. 

You will have to listen very carefully to the mid range performance 
as most drive units these days put up an acceptable performance. 
A piano is reputed to be the most difficult to record, and a quality 
recording will be your best test signal. Concentrate and hear how 
close the reproduced sound is to that of a live performance. Listen 
only for quality, not to the music! 

The high range tweeters should reproduce transients faithfully 
without splashing the sound, though this may often be the fault of 
record ings or amplifiers. Listen carefully to the sound of percussion, 
* " " r SnarC lshltorac ytribal struck Itwill tell you whethertheclarity 
bur nTr ' S P T nL ' iSten t0 VOcals - sibilants shou| d be clear 

but not overemphasized. 

, r ^°L* l ' Ste , r ] f ° r f; paration and stere ° imaging. Correctly aligned 
S' enab ' e you t0 'ocalise individual instruments. It is vital 

a good stereo balance in the studio. You should be able to 
fix the position of any instrument you pick out 

Spend some time with these speakers, distortions and 
in a few at “ n up t0 listening fatigue don't always show up 

fin^lauZr' ' llyWayt0choosespea k e rs.yourearisthe 
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CQflTROL ROOm HIRIS 



WATTS IN YOUR EARS 

Beware howmuch poweryou feed into yourcans. The direct coupling 
to the ear can create hazardous levels with a minimum of input level. 
Permanent damage can occur easily. There’s a classic case of one 
engineer who returned a top performing set of phones because they 
distorted. It turned out that his phones were fine, but he had 
damaged his hearing. 

Various medical organisations issue strict quide lines for exposure 
to high sound levels. This is the permitted exposure time by the 
British Occupational Hygiene Society: 
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Level SPL dB(A) 

Above 1 IOdB you can actually calculate the amount of damage 
that occurs with a stopwatch. Continued exposurecan cause damage 
to the entire body. 


SPEAKING OF SPEAKERS 

Monitoring by definition is listening to the sound. There is no such 
thing as a perfect system-it is all a matter of preference. Reference 
monitors are highly accurate speaker systems, but even these may 
give deceptive results if studio acoustics are incorrect Speakers with 
different efficiencies can produce great differences in acoustic level. 

Power amps are the other part of the chain that is taken for granted. 
Remember that a 100 Watt amplifier sounds apparently only twice 

as loud as one delivering 10 Watts. . ( 

We can recommend monitor systems, but the only real way of 
choosing is to arrange for a demonstration! 

Your ears are the final authority. 
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TAPE STORAGE 

Magnetic tape is a highly sensitive material. If care is not taken, 
storage can have serious, adverse effects on recorded sound quality. 
Store tape at between 60 and 70 degrees farenheit At higher 
temperatures, self demagnetisation increases and the tape will 
experience life reduction of about 80%. 

Print through occurs when magnetic tape is stored, though 
postprint is less troublesome than preprint, because it is likely to be 
masked by the original signal. The effect is transient, and the level 
drops by 6dB or more after removal. By storing tape tail out and 
rewinding just before playback, the printed signal intensity is 
reduced as there is generally no time for a new signal to be 
transferred. Finally, be aware of the stacking that occurs during rapid 
winding. Not all machines spool tape perfectly, and uneven layers 
ma ke the tape edges susceptible to damage. A solution is to play the 
tape through once, as this normally results in accurate spooling. 
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TAPE 


NICE SPLICE 

Whilst there are several fancy, so called automatic splicers around, 
the editing block is still the professional s choice. 

Once you’ve marked the cut point with a chinagraph pencil, lay the 
tape in the channel, and proceed carefully with a razor blade. You 
have two ways to cut and join the tape. 

Angle - the advantage of this cut is when different tapes (meaning 
different noise levels) are to be joined. The cut slides gradually over 
the playback head and you will hear a blend between the noise 
levels. This is especially noticeable at lower operating speeds. With 
the butt splice, tape ends are cut squarely. The benefit here is that 
you lose the least amount of programme material. This is important 
when editing close, cutting out a single click, syllable or other brief 
interval. When using the butt cut. be sure not to leave any space 
between the tape ends, it causes a pop during playback. Use a 
proprietary brand of splicing tape, never ever use cellotape. 

One final point. If you are using a recorder where it is difficult 
to mark the tape directly over the play head, use the following 
technique. Choose a secondary reference point such as a tape guide 
and measure the distance to the head. Mark this length on your edit 
block, and use this to reference your cut point. 


TAPE RUNNING 

RECORDING TIMES CHART (ONE DIRECTION) 


(feet) (m) 



TIME (min.) 

NOTE: 50:1. 5mil base, 50mm total Thickness 
35:1 mil base, 35mm total Thickness 
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TOPE 


TAPE NAMES 


A list of preferred descriptions for recorded audio tapes. Courtesy of 
the APRS, and issued to avoid confusion. 

Session tape- A reel of original recorded material, can include both 
master material and out takes. 

Out Takes - Material retained but not included in the master. 
Multitrack Master - A multitrack session tape designated for 
completion and mixdown. 


Original Master - A fully prepared edited session tape, or fully 
prepared mixdown of the multitrack master tape, in final format. 
Production Master - An equalised or otherwise modified copy of 
original master for production purposes. 

Copy Master - Unmodified copy of any master, made for use as a 
master itself. 

Safety Copy- An unmodified copy made to safeguard against loss or 
damage of a specific tape. 

Note - If a tape of recorded material does not fall within one of the 
above descriptions, then that tape should be marked Not Master 
Material and not left unmarked to generate later confusion 
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glossary 


A/B check - Comparing two signals with ’A' being the reference and 
'B' the one being tested. In recording, A is normally the source and B 
the recorded signal on tape. 

ADT - Automatic Double Tracking. Created by tape or analog delay. 
Alignment - Precision adjustment of electronic circuits and tape 
heads for optimum performance. 

Ambience - The natural reverberation characteristic of a room 
or auditorium. 

Analog - An electrical signal whose frequency and level vary 
continuously in direct relationship to the original acoustical sound 
waves. 

Assignment — See Route. 

Attack — The beginning of a sound or the initial transient of a musical 
note. 

Aux (auxiliary) input — A high level input on an amplifier, mixer, tape 
recorder, etc. which will accept a variety of line level signals from 
external devices or systems. Sometimes a spare input. 

Backing track - Recorded track or tracks which are the 
accompaniment for any subsequent vocals or solo instruments. 
Balanced line — Connection method utilising two signal wires and 
a ground. As signal is not physically connected to ground line, this 
helps reduce hum and induced interference. 

Bi-Directional — Microphone pickup pattern exhibiting sensitivity 
to sound in front and behind, but not to the sides. 

Bounce — Transfer of one track or more to others during multi track 
recording. 

Bus — A signal path to which a number of inputs may be connected 
for feed to one or more outputs. 

Cans - Buzz word for Headphones. 

Capstan - The rotating shaft on a tape recorder that drives tape 
forward in conjunction with the pinch roller. 

Cardlold “The heart-shaped’ directivity pattern of microphones, 
t-ascade— An arrangement of two or more similarcircuits oramplifier 
stages where the output of one stage directly feeds the input of the 
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Clipping —Overload distortion due to amplifier reaching maximum 
voltage swing. 

Compandor — An electronic processor which squeezes or 
compresses' the volume range of signals during recording and 
stretches or expands’ them during playback, to their original levels. 
Concert — A 440Hz International tuning standard for musical 
instruments. 

Cue — I . See foldback. 2. A mechanical device on tape machine that 
allows the tape to contact the heads in any mode other than play. 
Allows checking of tape content. 

Dead sound — Also known as dry sound, implying little or no 
reverberation. 

Digital — A numerical representation of the actual analog frequency 
and level of an audio signal. "Digital" also may refer to a control or 
circuit which changes the level or the assignment of a signal in 
discrete mathematical steps rather than continuously variable 
amounts. 

Double tracking - A short delay combined with the original signal 
creates the impression of more performers and a fuller sound. 

Drop in - Adding a recorded part onto an already existing track by 
switching immediately from a play and listening mode to record, 
during tape run. 

Drop out - Poor head contact or faulty tape can cause momentary 
loss of recorded signal. 

Diy — A track, recording or program without echo or reverb. 

Also see M wet." 

Echo - Sound reflection heard with as much intensity as a distinct 
repeat. 

Editing - The process of adding to, subtracting from or rearranging a 
tape recording. 

Fader - General term for volume control. 

Figure of Eight — See Bi Directional. 

Foldback - The mix that is fed to performers for monitoring signals 
being mixed. Normally taken pre the channel fader. 

Gain - The amplification factor of an amplifier. 

Headroom - The level above the normal operating point which is 
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regarded as a safety margin in amplifier, without producing overload 
or distortion. 

Hertz — Replaces the former cycles per second (cps) and quantifies 
the frequency of sound. 

Impedance — The degree to which a circuit restricts the flow of AC 
signals. Measured in Ohms, the higher the figure the greater the 
impedance. 

KHz (Kilo Hertz.) — A thousand Hertz. 

Leader — Uncoated plastic tape, normally colour coded to identify 
the beginning and end of a recording. 

Line Input/Output — Standard studio levels that ensure compatible 
matching. Normally OdBm or-IOdBm level. 

Motion sensing — Electronic circuit in a recorder which detects tape 
movement and controls the motors and solenoids to avoid any strain 
or rough tape handling. 

Multicore — A number of single cables combined in one outer sheath 
and used for interconnecting many microphones or other signals, 
over a long distance. 

Non-directional — See Omni-directional. 

Omnidirectional - Microphone pickup pattern which is equally 
sensitive to sound from all directions. 

Overdub - Process of recording a track onto a multitrack tape whilst 
listening to previously recorded material on the same tape 
Overioad - What occurs when a device is "asked" to supply more 
power than it is capable of delivering. 

Pad - A simple circuit of resistors which reduces signal level by 
a specific amount. 

Pan 1!!!? - r Te ^ ni , qUe ° f positionin § a m °"o signal in a stereo mix. 

3 Tu 0 0n m,xer Which directs a single input to two 

dS L h r n ° ra r P ° Siti0n 0f the knob wi " determine the 
position of the sound in the stereo mix 

connection!"" 6 " 1 ^ ‘*° **** * * ^ by meanS of an eternal 
Ping pong - A multi-channel recording procedure whereby several 
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is done to make additional tracks available, and may be repeated. 
Pre-emphasis — High frequency boost internal to a tape recorder, 
which improves the apparent signal to noise ratio of the tape medium. 
De-emphasis compensates during playback. 

Presence — The degree of forwardness’ of a sound in a mix. Usually 
controlled by the mid frequency equaliser. 

Punch in — See drop in’. 

Reduction — Mixing the outputs of a multitrack to create the final mix. 
Remix — See reduction. 

Reverberation — Extension of the natural length of a sound due to 
multiple reflections. 

Reverberation time - The time it takes for a sound in an enclosed 
space to fall by 60dB. 

Route - The switching function on a mixer that directs the signal to 
various outputs. May also apply to position of panpot. 

Snake — See multicore. 

Sub-mixing — Separating signals into separate, controlled groups 
before the final mix controls, e.g. vocals, keyboards etc. 

Splicing tape - A specially formulated adhesive tape to use for 
editing recording tape. 

Stage-box — A screened metal box which accepts individual 
microphones and connects to a multiway cable. 

Sync - In multi-track tape recorders, a technique where channels 
on the record head can be used for tape play back while other 
channels are being recorded. This permits performers to listen to 
previously recorded tracks and to record additional tracks in perfect 

synchronization. . n 

Talkback - A function normally found on studio consoles that allows 
the engineer to speak to the performers or directly to tape. 
Unbalanced line - Connections made using one conducting wire and 
earth screen. 

(Ini-directional — See Cardioid. 

Wet — A program to which reverberation or echo effects have been 
added. Also see "dry." 

Zero level. - Reference voltage level. May be the OdBm or - lOdBm 
standard. 
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